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(57) ABSTRACT 

Asystem for providing third-party call control in a telecom 
munications environment is provided. The system com 
prises, a call-control mechanism for providing service logic 
and routing intelligence, a control application for providing 
service-logic description and command instruction for 
implementing third-party controlled call connections, a call 
sWitching mechanism for providing an abstract state of 
sWitching matrix and for commutation of external and 
internal call legs and a commutation application for making 
and breaking call connections according to commands sent 
from the control application. The call-control mechanism, 
using the control application, sends primitive text com 
mands to the call-switching mechanism, Which utilizing the 
commutation application, receives, reads and implements 
the text commands containing all of the service logic and 
instructions required to successfully construct call connec 
tions and Wherein the call-switching mechanism by virtue of 
the commutation application sends noti?cation of success or 

failure regarding implementation of received commands 
back to the control application. 
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Fig. 1 (prior art) 
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Fig. 2 (prior art) 
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USING XML EXPRESSED PRIMITIVES FOR 
PLATFORM AND SYSTEM-INDEPENDENT CALL 

MODELING 

CROSS-REFERENCE TO RELATED 
DOCUMENTS 

[0001] The present patent application claims priority to 
copending application Ser. No. 09/827,608, ?led Apr. 6, 
2001, which claims priority to Provisional Patent Applica 
tion Ser. No. 60/267,294, entitled “Using XML Expressed 
Primitives for Platform and System-Independent Call Mod 
eling” ?led on Feb. 7, 2001. application Ser. No. 09/827,608 
is also a continuation-in-part of copending application Ser. 
No. 09/024,923, entitled “Telephone Network Interface 
Bridge Between Data Telephony Networks and Dedicated 
Connection Telephony Networks”, that was ?led on Feb. 17, 
1998, complete disclosure of both priority documents is 
included herein in entirety by reference. 

FIELD OF THE INVENTION 

[0002] The present invention is in the area of telephony 
technology including data-network-telephony (DNT), and 
pertains more particularly to methods and apparatus provid 
ing third-party call control for switching and routing tele 
phony calls. 

BACKGROUND OF THE INVENTION 

[0003] In the ?eld of telephony communication, there 
have been many technological advances in technology over 
the years that have contributed to more ef?cient use of 
telephone communication within hosted call-center environ 
ments. Most of these improvements involve integrating the 
telephones and switching systems in such call centers with 
computer hardware and software adapted for, among other 
things, better routing of telephone calls, faster delivery of 
telephone calls and associated information, and improved 
service with regards to client satisfaction. Such computer 
enhanced telephony is known in the art as computer-tele 
phony integration (CTI). 
[0004] Generally speaking, CTI implementations of vari 
ous design and purpose are implemented both within indi 
vidual call-centers and, in some cases, at the telephone 
network level. For eXample, processors running CTI soft 
ware applications may be linked to telephone switches, 
service control points (SCP), and network entry points 
within a public or private telephone network. At the call 
center level, CTI-enhanced processors, data servers, trans 
action servers, and the like, are linked to telephone switches 
and, in some cases, to similar CTI hardware at the network 
level, often by a dedicated digital link. CTI and other 
hardware within a call-center is commonly referred to as 
customer premises equipment (CPE). It is the CTI processor 
and application software in such centers that provides com 
puter enhancement to a call center. 

[0005] In a CTI-enhanced call center, telephones at agent 
stations are connected to a central telephony switching 
apparatus, such as an automatic call distributor (ACD) 
switch or a private branch eXchange (PBX). The agent 
stations may also be equipped with computer terminals such 
as personal computer/video display units (PC/VDUs) so that 
agents manning such stations may have access to stored data 
as well as being linked to incoming callers by telephone 
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equipment. Such stations may be interconnected through the 
PC/VDUs by a local area network One or more data 
or transaction servers may also be connected to the LAN that 
interconnects agent stations. The LAN is, in turn, connected 
to the CTI processor, which is connected to the call switch 
ing apparatus of the call center. 

[0006] In recent years, further advances in computer tech 
nology, telephony equipment, and infrastructure have pro 
vided many opportunities for improving telephone service in 
publicly switched and private telephone intelligent net 
works. Similarly, development of a separate information and 
data network known as the Internet, together with advances 
in computer hardware and software have led to a new 
multimedia telephone system known in the art by several 
names. In this new systemology, telephone calls are simu 
lated by multi-media computer equipment, and data, such as 
audio data, is transmitted over data networks as data packets. 
In this application the broad term used to describe such 
computer-simulated telephony is Data-Network Telephony 
(DNT). 
[0007] A typical DNT system is not a dedicated or con 
nection oriented system. That is, data, including audio data, 
is prepared, sent, and received as data packets. The data 
packets share network links, and may travel by varied and 
variable paths. There is thus no generally dedicated band 
width, unless special systems, such as RSVP systems known 
in the art, are used for guaranteeing bandwidth during a call. 
DNT calls must share the bandwidth available on the net 
work in which they are traveling. 

[0008] Recent improvements to available technologies 
associated with the transmission and reception of data 
packets during real-time DNT communication have made it 
possible to successfully add DNT, principally, Internet Pro 
tocol Network Telephony (IPNT) capabilities to eXisting 
CTI call centers. Such improvements, as described herein 
and known to the inventors, include methods for guarantee 
ing and verifying available bandwidth or quality of service 
(QoS) for a transaction, improved mechanisms for organiZ 
ing, coding, compressing, and carrying data more ef?ciently 
using less bandwidth, and methods and apparatus for intel 
ligently replacing lost data via using voice supplementation 
methods and enhanced buffering capabilities. 

[0009] In typical call centers, DNT is accomplished by 
Internet connection and IPNT calls. In systems known to the 
inventors, incoming IPNT calls are processed and routed 
within an IPNT-capable call-center in much the same way as 
COST calls are routed in a CTI-enhanced center, using 
similar or identical call models. A call model is essentially 
a set of services and logic provided for enabling call routing, 
switching, and so on. 

[0010] Call centers having both CTI and IPNT capability 
utiliZe LAN-connected agent-stations with each station hav 
ing a telephony-switch-connected headset or phone, and a 
PC connected, in most cases via LAN, to the network 
carrying the IPNT calls. Therefore, in most cases, IPNT calls 
are routed to the agent’s PC while conventional telephony 
calls are routed to the agent’s conventional telephone or 
headset. 

[0011] Companies have, for some time, experimented with 
various forms of integration between the older COST sys 
tems and newer IPNT systems. For eXample, by enhancing 
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data servers, interactive voice response units (IVR), agent 
connecting networks, and so on, With the capability of 
understanding Internet protocol, data arriving from either 
netWork may be integrated requiring less equipment and 
lines to facilitate processing, storage, and transfer of data. 

[0012] In a netWork system knoWn to the inventors and 
described With reference to Ser. No. 09/024,923, listed in the 
Cross-Reference section, a computeriZed telephony bridge 
unit maintained in the netWork has a Data Network Tele 
phony (DNT) Port and a Connection Oriented/SWitched 
Telephony (COST) trunk port. Each port is associated With 
circuitry for receiving and placing calls in the data format 
required by the connected netWorks. The bridge unit further 
comprises conversion circuitry for converting data dynami 
cally betWeen netWork protocols compatible With each con 
nected netWork. 

[0013] In this system, control routines are provided and 
are executable on the computeriZed bridge unit. The control 
routines are adapted to receive a ?rst call from one of the 
COST or DNT netWorks, to place a call associated With the 
received call on the netWork other than the netWork on 
Which the call is received, and to dynamically convert data 
betWeen a call connected at one port and a call connected at 
the other port. The data netWork can be the Internet, and the 
COST netWork can be any publicly or privately sWitched 
dedicated-connection-oriented telephone netWork. 

[0014] One With skill in the art Will recogniZe that there 
are several Internet protocols, CTI protocols, and Device 
protocols, Which have been proposed and adopted as stan 
dard or semi-standard protocols for streamlining integrated 
telephony betWeen disparate netWorks. For example, an 
Internet protocol knoWn as H.323 is a standard approved by 
the International Telecommunication Union (ITU) that 
de?nes hoW audiovisual conferencing data is transmitted 
across netWorks. In theory, H.323 should enable users to 
participate in a same telephony conference even though they 
are using different videoconferencing applications. 
Although most videoconferencing vendors maintain that 
their products conform to H.323, such adherence may not 
actually produce seamless inter-operability. 

[0015] Another knoWn protocol termed Media GateWay 
Control Protocol (MGCP) Was developed by TelcordiaTM in 
cooperation With Level 3 CommunicationsTM. This protocol 
is an internal protocol Which is Was developed to Work With 
existing signaling protocols such as H.323, SIP or SS7. One 
reason neW standards are being developed is because of the 
groWing popularity of What is termed Voice over IP (VoIP 

[0016] Standard telephones are relatively inexpensive 
because they are not complex in terms of intelligence. 
Standard telephones Work With speci?c sWitches at some 
central sWitching apparatus, if they happen to be so con 
nected. IP telephones and devices, on the other hand, are not 
?xed to a speci?c sWitch, so they must contain processors 
that enable them With the operating intelligence that is 
independent from a central sWitching location (no third party 
control). MGCP is meant to simplify standards for this neW 
technology by eliminating the need for complex, processor 
intense IP telephony devices by providing some third party 
control, thus simplifying and loWering the cost of these end 
terminals. 

[0017] A protocol representing a basic telephony call 
model is knoWn to the inventors as Computer-Supported 
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Telephony Applications (CSTA). ECMA is the international 
standards organiZation that de?ned the CSTA resource 
model and protocol. To connect a telephone system to 
Computer Telephony (CT) Connect, a telephone system 
vendor must provide a CSTA-compliant, ASN.1 encoded 
message ?oW. This can be provided across a number of 
different transports, but TCP/IP is becoming the most popu 
lar. 

[0018] Although the developed protocols do much to 
facilitate seamless communication betWeen netWorks adding 
some third party call control, it becomes apparent that third 
party control over telephony practiced in VoIP applications 
is severely limited. Proposed prior-art solutions using devel 
oped and hopefully standardiZed protocols in addition to the 
provision of special gateWays has added complexity more 
than simplicity for enterprises attempting to integrate CTI 
telephony regimens into VoIP and other data packet venues. 

[0019] Arguably, the most frustrating of these challenges 
is providing consistent call model representation both at the 

call control entity (CCE) and the sWitching entity Traditionally, CTI protocols for dedicated netWorks have 

been largely vendor-speci?c, forcing CTI softWare vendors 
to develop separate softWare modules for each sWitch model. 
The above-mentioned protocols Were proposed and devel 
oped as potential standards for CTI links. 

[0020] Unfortunately, attempts of such CTI protocol stan 
dardiZation are not likely to produce compatible implemen 
tations. It is easy to see that any non-trivial CTI softWare 
suite has a need to maintain an accurate replica of the sWitch 
state, Which in practice means that the CTI softWare has to 
replicate the call model of a particular sWitch. 

[0021] Any discrepancy betWeen an actual call model 
implemented by a sWitch vendor and its reverse-engineered 
replica in CTI control softWare causes loss of coherency 
betWeen the actual sWitching state and its image in the 
control softWare. Moreover, practically all sWitch vendors 
introduce subtle changes to their call model in successive 
versions of sWitch softWare (this is unavoidable When neW 
features are added and programming errors are corrected). 
Packet telephony makes utiliZation of call models even more 
complicated by replacing centraliZed sWitches With a het 
erogeneous, distributed sWitching environment, multiplying 
the effects of programming errors, revision levels etc. 

[0022] What is clearly needed is a loW-level protocol that 
enables negotiation over a netWork betWeen a CCE having 
service logic and a SWE providing only sWitching functions 
such that only one call model is required and SWE functions 
may be implemented according to attributes of the model. 

[0023] Furthermore, it is desirable, for such a protocol to 
run on as many devices, systems etc. Without much adap 
tation. 

SUMMARY OF THE INVENTION 

[0024] In an embodiment of the present invention, a 
system for providing third-party call control in a telecom 
munications environment is provided. The system com 
prises, a call-control mechanism connected to the LAN for 
providing service logic and routing intelligence for initiating 
call connections, a control application running on the call 
control mechanism, the control application providing the 
service-logic description and connection request command 
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instruction for implementing third-party controlled call con 
nections, a call-sWitching mechanism accessible to the call 
control mechanism, the call-sWitching mechanism for pro 
viding an abstract state of sWitching matrix and for 
commutation of external and internal call legs making up a 
connected call and a commutation application running on 
the call-sWitching mechanism, the commutation application 
for making and breaking call connections according to 
instructional commands sent from the control application. 
The call-control mechanism, using the control application, 
sends primitive text commands to the call-sWitching mecha 
nism, Which utiliZing the commutation application, receives, 
reads and implements the text commands containing all of 
the service logic and instructions required to successfully 
construct call connections and Wherein the call-sWitching 
mechanism by virtue of the commutation application sends 
noti?cation of success or failure regarding implementation 
of received commands back to the control application. 

[0025] In one aspect, the telecommunications environ 
ment includes a Voice over Internet Protocol (VoIP) net 
Work. In a preferred aspect, the call-control mechanism is a 
computer-telephony-integration (CTI) server. In one aspect, 
the call-sWitching mechanism is a PBX telephony sWitch. In 
another aspect, the call-sWitching mechanism is an ACD 
telephony sWitch. In yet another aspect, the call-sWitching 
mechanism is a voice over Internet protocol (VoIP) gateWay. 
In all aspects, the control application contains a call model, 
the attributes thereof de?ned in loW-level descriptor lan 
guage. In an embodiment, the loW-level descriptor language 
is extensible markup language (XML). In all aspects, the 
commutation application contains a representation of a 
sWitching matrix, the attributes thereof de?ned in loW-level 
descriptor language. In a preferred embodiment, the loW 
level descriptor language is extensible markup language 
(XML). 
[0026] In an embodiment, the telecommunications envi 
ronment is an enterprise communications center connected 
for communication to a dedicated telephone netWork and to 
a data-packet-netWork. In this preferred embodiment, the 
telephone netWork is a public sWitched telephone netWork 
(PSTN) and the data-packet-netWork is the Internet netWork. 

[0027] In another aspect of the present invention, a 
method for providing third-party call control in a LAN 
enabled telecommunications environment is provided. The 
method comprises the steps of, (a) providing a call-control 
entity, the entity having a single call model, the call model 
containing service logic, port identi?cations and identi?ca 
tion of possible endpoints and gateWays Within the telecom 
munications environment, (b) expressing the singular 
attributes of the call model using a loW-level descriptor 
language, (c) providing a physical and/or virtual sWitching 
matrix, the sWitching matrix containing the physical and/or 
virtual port identi?cations and states thereof expressed in the 
loW-level descriptor language, (d) sending a command using 
the loW-level descriptor language to a controller of the 
sWitching matrix, the command to initiate a call connection 
based on selected attributes of the call model, (e) processing 
the command at the switching matrix and notifying the 
call-control-entity of the results of command processing at 
the sWitching matrix. 

[0028] In one aspect of the method in step (a), the call 
control-entity is a computer-telephony-integration server 
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and the telecommunications environment includes a Voice 
over Internet Protocol (VOIP) netWork. In step (b), the 
loW-level descriptor language is, in preferred application, 
extensible-markup-language (XML). In one aspect of the 
method in step (c), the sWitching matrix is that of a PBX 
telephone sWitch. In another aspect in step (c), the sWitching 
matrix is that of an Internet protocol router. In still another 
aspect in step (c), the sWitching matrix is that of a Voice over 
Internet Protocol (VoIP) gateWay. In all aspects in step (d), 
the controller of the sWitching matrix is a softWare applica 
tion that understands loW-level language. In one aspect of 
the method, the telecommunications environment comprises 
a telecommunications center connected for communication 
to a telephone netWork and to a data-packet-netWork. In this 
aspect of the method, the telephone netWork is preferably a 
public-sWitched-telephone-netWork (PSTN), and the data 
packet-netWork is preferably an Internet netWork. In some 
aspects of the method in step (e), processing the command 
includes setting up and tearing doWn call legs. Also in all 
aspects in step (f), noti?cation of results is accomplished 
using loW-level descriptor language. In an embodiment, the 
loW-level language is extensible markup language (XML). 

[0029] NoW, for the ?rst time, a loW level protocol that 
enables negotiation over a netWork betWeen a CCE having 
service logic and a SWE providing only sWitching functions 
is provided such that only one call model is required and 
SWE functions may be implemented according to attributes 
of the model. 

BRIEF DESCRIPTION OF THE DRAWINGS 
FIGURES 

[0030] FIG. 1 is a system diagram of a prior art call center 
and netWork connections, Wherein the call center is capable 
of both COST and DNT call handling. 

[0031] FIG. 2 is a system diagram of a prior art call center 
having a dedicated bridge connection for both DNT and 
COST calls 

[0032] FIG. 3 is a system diagram of another call center 
With a dedicated bridge connection as in FIG. 2, comprising 
an IP telephony sWitch in the call center. 

[0033] FIG. 4 is a system diagram of a DNT call center 
and connections to netWork level, including a unique bridge 
unit, in an embodiment of the present invention. 

[0034] FIG. 5 is a system diagram of the unique call 
center system and connections of FIG. 4, further shoWing 
CTI enhancement. 

[0035] FIG. 6 is an architectural overvieW of a commu 
nication netWork practicing unique call-model management 
according to an embodiment of the present invention. 

[0036] FIG. 7 is a block diagram illustrating CTI-PSTN 
call-model management approach according to an embodi 
ment of the present invention 

[0037] FIG. 8 is a block diagram illustrating a CTI-IP 
call-model management approach according to another 
embodiment of the present invention 

[0038] FIG. 9 is a block diagram illustrating an XML 
based call-model management approach according to yet 
another embodiment of the present invention. 
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[0039] FIG. 10 is a block diagram illustrating SMCP 
control over interior and exterior call leg construction in a 
CTI scenario according to an embodiment of the present 
invention. 

[0040] FIG. 11 is a block diagram illustrating SMCP 
control over interior and exterior call leg construction in a 
VoIP scenario according to an embodiment of the present 
invention. 

[0041] FIG. 12 is How diagram illustrating basic steps for 
establishing an outbound call connection using XML-based 
SCMP. 

[0042] FIG. 13 is a How diagram illustrating basic steps 
for establishing an incoming call connection using XML 
based SCMP. 

DESCRIPTION OF THE PREFERRED 
EMBODIMENTS 

[0043] FIG. 1 is a system diagram of a prior art call center 
and netWork connections, Wherein the call center is capable 
of both COST and IPNT call handling. In FIG. 1 telecom 
munications netWork 11 comprises a publicly sWitched 
telephone netWork (PSTN) 13, the Internet netWork 15, and 
a call center 17. PSTN netWork 13 may be a private netWork 
rather than a public netWork, and Internet 15 may be another 
public or a private data netWork as are knoWn in the art. 

[0044] In this basic prior art example, call center 17 is 
equipped to handle both COST calls and IPNT calls. Both 
COST calls and IPNT calls are delivered to call-center 17 by 
separate netWork connections. For example, a telephony 
sWitch 19 in the PSTN may receive incoming telephone calls 
and rout them over a COST netWork connection 23 to a 
central sWitching apparatus 27 located Within call center 17. 
IPNT calls via Internet 15 are routed via a data router 21 
over a data-network connection 25 to an IPNT router 29 
Within call center 17. In this example, netWork sWitch 19 is 
meant to represent a Wide variety of processing and sWitch 
ing equipment in a PSTN, and router 21 is exemplary of 
many routers and IP sWitches in the Internet, as knoWn in the 
art. 

[0045] Call center 17 further comprises four agent stations 
31, 33, 35, and 37. Each of these agent stations, such as 
agent station 31, for example, comprises an agent’s tele 
phone 47 for COST telephone communication and an 
agent’s PC/VDU 39 for IPNT communication and additional 
data processing and vieWing. Agent’s telephones 49, 51, and 
53 along With agent’s PC/VDU 41, 43, and 45 are in similar 
arrangement in agent stations 33, 35, and 37 respectively. 
Agent’s telephones, such as agent’s telephone 49, are con 
nected to COST sWitching apparatus 27 via telephone Wiring 
56. 

[0046] A LAN 55 connects agent’s PC/VDU’s to one 
another and to a CPE IPNT router 29. A customer-informa 
tion-service (CIS) server 57 is connected to LAN 55 and 
provides additional stored information about callers to each 
LAN-connected agent. Router 29 routes incoming IPNT 
calls to agent’s PC/VDU’s that are also LAN connected as 
previously described. A data netWork connection 25 con 
nects data router 29 to data router 21 located in Internet 15. 
Speci?c Internet access and connectivity is not shoWn, as 
such is Well knoWn in the art, and may be accomplished in 
any one of several Ways. The salient feature to be empha 
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siZed in this prior art example is that separate connections 
and equipment are necessary and implemented to be able to 
handle both COST and IPNT calls at the call center. 

[0047] Each agent’s PC/VDU, such as PC/VDU 45 has a 
connection via LAN 55 and data netWork connection 25 to 
Internet 15 While the assigned agent is logged on to the 
system, hoWever, this is not speci?cally required but rather 
preferred, so that incoming IPNT calls may be routed 
ef?ciently. Dial-up connecting rather than a continuous 
connection to Internet 15 may sometimes be employed. 

[0048] An agent operating at an agent station such as agent 
station 33 may have COST calls arriving on agent’s tele 
phone 49 While IPNT calls are arriving on agent’s PC/V DU 
41. In this particular example lack of a connection betWeen 
router 29 and sWitching apparatus 27 creates a cumbersome 
situation, requiring agents to distribute there time as best 
they can betWeen the tWo types of calls. Thus, agent time is 
not utiliZed to maximum efficiency With respect to the total 
incoming calls possible from both netWorks. 

[0049] FIG. 2 is a system diagram of a prior art call center 
having a dedicated bridge connection for both IPNT and 
COST calls. Telecommunications netWork 59 comprises 
PSTN 13, Internet 15, and a call center 67. This prior art 
example is similar in architecture to the prior art example of 
FIG. 1 With an exception in hoW IPNT and COST calls are 
delivered to call center 67. Therefore, many of the same 
elements present in FIG. 1 are shoWn again in this example, 
such as telephony sWitching apparatus 27, agent stations 
31-37, LAN connectivity, and so on. 

[0050] Referring again to FIG. 2, a knoWn netWork data 
bridging technique and apparatus is provided, most typically 
by a local phone company, Wherein COST calls and IPNT 
calls may be routed side by side over one trunk to call center 
67. This bridge comprises a ?rst telephone-data modem 61, 
a suitable trunk connection such as a T1 or E1 trunk 65 as 
is knoWn in the art, and a second telephone-data modem 63. 
Telephone-data modem 61 resides at the public-network 
level, typically With a local telephone company’s equipment, 
but could also be in the PSTN cloud or even the Internet 
cloud. Telephone-data modem 61 is connected to the PSTN 
by exemplary COST telephony sWitch 19 via COST con 
nection 23 and to exemplary data router 21 in Internet 15 via 
data netWork connection 25. Calls for call center 67 origi 
nating from the PSTN and from Internet 15 are transmitted 
to telephone-data modem 61. Arriving calls are then routed 
over dedicated channels Within trunk 65 to telephony-data 
modem 63 at call center 67. For example, a certain number 
of channels Within trunk 65 are dedicated to carrying COST 
calls While the remaining channels are dedicated to carrying 
IPNT calls and other data. This is not a dynamic, but a ?xed 
allocation, Wherein the portion dedicated to COST trans 
mission remains constant. 

[0051] Calls that are received at telephone-data modem 63 
from trunk 65 are routed appropriately depending on type of 
call. For example, COST calls are routed to sWitching 
apparatus 27, and IPNT calls are routed to data router 29. In 
both cases, further routing to agents is the same as described 
With reference to the prior art example of FIG. 1. 

[0052] Although the netWork-data bridging technique, as 
described above With reference to FIG. 2, requires only one 
connection (65) to provide both COST and IPNT service to 
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call center 67, trunk 65 is partitioned and requires expensive 
hardware on both ends to provide and maintain service. 
Further, agents face the same issues regarding handling 
separate types of calls as Was previously described With 
reference to the prior art example of FIG. 1. The dedicated 
bandWidth issue is still a problem because the allocation of 
bandWidth in trunk 65 is ?xed, While call loading by type 
Will vary. 

[0053] FIG. 3 is a system diagram of another system and 
art knoWn to the inventors With a dedicated bridge connec 
tion as in FIG. 2, comprising an IP telephony sWitch in the 
call center. Telecommunications netWork 73 comprises 
PSTN 13, Internet 15, and call center 75. The architecture of 
telecommunications netWork 75 is similar to the architecture 
of the prior art example of FIG. 2 With at least tWo important 
differences. Firstly, call center 75 is enhanced With an 
Internet protocol (IP) central-telephony sWitch 28 that has 
the ability to convert PSTN call data to IP format, and to 
distribute the calls as IPNT calls on LAN 77. This enables 
incoming PSTN calls to essentially be converted into IPNT 
calls so far as receiving agents are concerned. Secondly, 
instead of regular ACD type telephones such as agent’s 
telephone 49 of FIG. 2, each agent station 31, 33, 35, and 
37 is equipped With an IP-telephone, such as telephones 78, 
79, 81, and 83 respectively. Each IP-telephone such as 
IP-telephone 81, for example, is connected to LAN 77. LAN 
77 is enabled for IP data as Well as other data that may be 
transmitted from time to time. 

[0054] In this prior art example, the requirement for COST 
telephone Wiring such as Wiring 56 of FIG.’s 1 and 2 is 
eliminated. Incoming COST calls arriving at telephone-data 
modem 63 are sent over connection 71 to IP-telephony 
sWitch 28. IP-telephony sWitch 28 converts COST calls to 
IPNT format before routing the calls to individual IP 
telephones over LAN 77. IPNT calls arriving from Internet 
15 at telephone-data modem 63 are routed over connection 
69 to data router 29 and on to agent’s PC/VDU’s or agent’s 
IP telephones in the same procedure as described With 
reference to the prior art example of FIG. 2. 

[0055] An advantage of this embodiment is that agents 
may handle both COST-IPNT calls (COST calls converted 
to IPNT format in IP-telephony sWitch 28) and regular IPNT 
calls With either a LAN connected IP-telephone or a LAN 
connected PC/VDU. Agent time is better utiliZed. HoWever, 
the hardWare used to facilitate the netWork-data bridging 
technique as described With reference to the prior art 
example of FIG. 2 is not eliminated. Therefore, cost savings 
is still relatively limited. 

[0056] FIG. 4 is a system diagram of an IPNT call center 
and connections to netWork level, including a unique bridge 
unit, in an embodiment of the present invention. It is 
emphasiZed that the system shoWn and the description beloW 
of the system is exemplary only, and not limiting in the 
breadth of the present invention. The IPNT aspects of the 
call center could be implemented in a different, but still data 
netWork type protocol. Also the fact of a call center in the 
example is exemplary. The call center may be any DNT local 
or customer-premises type system, such as a telephone 
system at any company. 

[0057] In this embodiment of the invention COST calls, 
represented in PSTN netWork 13 by arroW 90, are converted 
to IPNT format at the netWork level before being routed to 
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a call center, and IPNT calls may also be converted to COST 
calls. This unique and innovative capability Would, in a 
preferred embodiment, be provided by a local telephone 
company as a service to companies hosting IPNT call 
centers. The conversion, hoWever, is not limited to the 
equipment of a local phone company. The conversion bridge 
may also be in the PSTN or other netWork, or in the Internet 
space. Conversion also is not limited to tWo netWorks, 
although examples to folloW shoW tWo netWorks for sim 
plicity in description. Bridge units according to the inven 
tion may connect to, and operate betWeen three, four, or 
more netWorks. 

[0058] Telecommunications netWork 85 comprises PSTN 
13, Internet 15, and an IPNT-enhanced call-center 89. 
According to a preferred embodiment of the present inven 
tion, a COST-IPNT computeriZed bridge 87 is provided as a 
universal bi-directional connection betWeen PSTN 13 and 
Internet 15. For example, bridge 87 has the ability to convert 
COST calls to IPNT and IPNT calls to COST format, and 
also to receive and place calls of both types. 

[0059] In an example, COST calls received on trunk 23 
may be associated With an IP address and routed through 
Internet 15 to a call center 89, or to any other IP address. In 
a preferred embodiment IP addresses are associated in a 
database either resident in the computeriZed bridge unit or 
accessible to the bridge. Companies having IP-only call 
centers may noW advertise an 800 (or other no-charge-to 
calling-party) COST number, that can be matched via the 
database to an IP address of a ?rst data-router such as data 
router 29 Within call center 89. Such a database may be 
relatively limited, such as to clientele of a local telephone 
company providing the service, or, in the opposite extreme, 
every COST number assigned in the World may be associ 
ated in such a database With an IP address. 

[0060] NoW, a call center such as call center 89 may be 
implemented as an IPNT-only call center, eliminating much 
hardWare, softWare, and connectivity associated With prior 
art call centers. For example, because all incoming calls to 
call center 89 are noW IPNT calls, expensive COST tele 
phony sWitching apparatus normally found Within call cen 
ters are no longer required. IP sWitching apparatus as shoWn 
in FIG. 3 is no longer required. COST telephony Wiring 
such as Wiring 56 of FIG. 2 is similarly eliminated. A range 
of other equipment and softWare associated With COST call 
centers is also eliminated. Call center functions are substi 
tuted With less expensive and easier managed IPNT coun 
terparts running appropriate softWare applications. Expen 
sive netWork cabling and hardWare used in prior art bridging 
techniques as described With reference to FIGS. 2 and 3 
above is eliminated as Well. As a result, companies offering 
the service as Well as companies hosting call centers realiZe 
substantial cost reductions related to previously required 
architecture and infrastructure. 

[0061] Referring again to FIG. 4, PSTN callers may dial 
an 800 number, as previously mentioned, that connects them 
to bridge 87. A matching IP address is retrieved, typically 
from a database, and the COST call is then converted to 
IPNT format and routed via the best route available through 
Internet 15. All quality assurance techniques such as reserv 
ing bandWidth, compression techniques, special servers, 
?reWall applications, encryption, and so on, as knoWn to the 
inventors may be applied. 
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[0062] All incoming calls to call center 89 are noW IPNT 
calls and are received and routed via data router 29 to agents 
Working at agent stations 31, 33, 35, and 37. IPNT calls 
originating from a caller at a COST number are handled in 
the same Way as IPNT calls originating from Internet 15. 
Thus, a seamless integration is achieved. 

[0063] This innovative system and apparatus also Works in 
reverse as folloWs: An IPNT call may be initiated by an 
agent Within call center 89, perhaps as a call back to a COST 
caller, and connection may be achieved in a variety of Ways. 
In one embodiment, bridge 87 has voice response or soft 
Ware code capability Whereby an agent may offer a COST 
caller’s phone number via spoken voice, softWare code, key 
stroke (if using PC/VDU), or touch tone (if using IP tele 
phone) enabling a lookup and subsequent dialing of a COST 
caller’s number. When the called party ansWers, conversa 
tion may ensue betWeen the agent at call center 89 and the 
called party on a COST telephone connected anyWhere to 
the PSTN netWork. Also, calls coming from the Internet 
cloud, represented by arroW 91, may be redirected over the 
bridge to a COST call center. 

[0064] In an alternative embodiment, a COST telephone 
number may be encoded by an agent in call center 89 into 
an IP address of the bridge, and the bridge is adapted to 
extract that COST number from the IP address or other 
header in an incoming IP call from the call center. The coded 
portion of the IP address may also have just a key instead of 
the entire COST number, and the key may alloW look-up in 
a stored table at the bridge to certain the COST number to 
Which the call may be connected and translated. 

[0065] In yet another alternative embodiment, customers 
may be given IP addresses if they do not already have one 
so that a general table listing PSTN numbers to IP address 
numbers may be created and kept both at call center 89 and 
at COST-IPNT bridge 87. In this instance, customers Who do 
not oWn a computer Would still have a registered IP address 
for matching purposes. An agent could supply the IP address 
via voice or other methods as previously described. A 
database of COST numbers and IP address matches could be 
far reaching and could conceivably include anyone Weather 
they have patroniZed a call center or not, or Weather they 
oWn a computer or not. 

[0066] In some embodiments of the present invention, 
data router 29 Would not be required. This Would be a case 
Wherein the method and apparatus of the present invention 
is used With a very small call-in location, perhaps operating 
only a feW agent stations or, perhaps, only one agent station. 
COST-IPNT bridge 87 Would route calls directly to the IP 
address of the agent’s computer or IP. Further, routing may 
be accomplished via an agent’s PC/VDU if there is more 
than one, but a relatively feW operating agents. 

[0067] In still another embodiment, back-up IP addresses 
may be programmed into COST-IPNT bridge 87 so that 
When a COST caller dials a free-to-calling-party number, 
after conversion to IPNT format a ?rst IP address may be 
replaced by a second or back-up IP address if there is a long 
Wait or if the ?rst IP address is busy. In this case the 
converted call Would be routed to the second choice IP 
address, and so on. This could be particularly useful for 
small business Wherein only a feW contacts are available and 
expense for a data router Would be prohibitive. 

[0068] FIG. 5 is a system diagram of the unique call 
center system and connections of FIG. 4, further shoWing 
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CTI enhancement. In this embodiment sophisticated routing 
rules knoWn to the inventors may be initiated and executed 
via transaction-server control over certain hardWare (i.e. 
sWitches and routers) established in both PSTN 13 and 
Internet 15. This particular embodiment Would most likely 
be utiliZed by large organiZations hosting many call-centers, 
Which may be spread over a large geographical region. 

[0069] Referring again to FIG. 5, telecommunications 
center 91 comprises PSTN 13, Internet 15, COST-IPNT 
bridge 87 and an IPNT call-center 93. Aservice control point 
(SCP) 92 processes incoming COST calls represented by 
vector 90. A CTI processor 95 executing one or more CTI 
applications, and knoWn as a T-Server (TS) is connected to 
router 29. T-Server 95 is connected in the call center to 
router 29, and monitors activity at router 29 and also 
exercises control at various levels over operation of router 
29. That is, T-Server 95 may be informed of all incoming 
calls, exercise sophisticated routing rules, and control router 
29 in folloWing the routing rules. T-Server 95 is not limited 
to routing rules and algorithms, but may provide a consid 
erable range of CTI functions. Router 21 can act as SCP for 
IPNT-originated calls 92, and may route them to the IPNT 
call center 93, or via the bridge to the COST netWork. 

[0070] In this embodiment a second T-Server 95 is inte 
grated With equipment at the netWork level, such as With the 
SCP in PSTN 13. The T-Server at call center 93 and the 
T-Server at the netWork level are connected by a digital link 
94. Thus certain T-S routing and control routines (knoWn to 
the inventors) can be executed at SCP 92. CTI hardWare 
such as additional processors, stat-servers, intelligent 
peripherals, and the like that may be present in PSTN 13 are 
not shoWn but may be assumed to be present in this 
particular embodiment. 

[0071] When a COST call arrives at SCP 92, information 
is typically obtained from the caller via IVR or other 
methods knoWn in the art. This information may include call 
destination, purpose of the call, caller identity, etc. This 
information in some embodiments may be transmitted to call 
center 93 via link 94 before delivery of the actual call. Based 
on the information obtained at SCP 92 and, perhaps addi 
tional data supplied by T-S 95, the call is routed to a 
predetermined destination, in this case, COST-IPNT bridge 
87 over telephone netWork connection 23. In another 
embodiment, T-S 95 may cause an incoming COST call to 
be routed to another COST-IPNT bridge, or some other 
destination. 

[0072] As described With reference to FIG. 4, COST calls 
arriving at bridge 87 are routed through Internet 15 on 
data-netWork connection 25 as IPNT calls. The bridge serves 
as a dynamically translating interface. A data router 21 is 
shoWn connected to line 25 Within Internet 15 and is used as 
a ?rst destination of COST-IPNT bridge 87. 

[0073] In some embodiments T-S 95 at the call center may 
also interact With router 21, exemplary of routers and IP 
sWitches in the Internet, via connection 26. There may also 
be instances of T-Servers 95 as shoWn associated With 
Internet routers and sWitches, Which may communicate With 
T-Server 95 at call center 93, to provide CTI functions in the 
netWork initiated at call center level. 

[0074] If it is determined by a T-Server 95 that a call has 
been miss-routed due to error, for example, it can reroute the 
















